Absfruct-It has been previously proposed that heart valve closure sounds can be modeled by a sum of decaying sinusoids, based on the hypothesis that the heart cavity, heart walls, major vessels, and other structures in the chest constitute a frequency selective linear acoustic system and this system is excited by the rapidly decelerating valve occluder. In this study, distribution of the parameters of this model for the second heart sound is investigated. For this purpose, heart sounds of 10 patients who have a St. Jude-type bileaflet mechanical heart valve prosthesis in aortic position are recorded. Recordings are performed at 12 different locations on the surface of the chest. To reliably assign representative parameters to each recording site, signal averaging, model order selection, and a special filtration technique are employed. The results of the analyses are discussed in relation to the above hypothesis on the heart sound generation mechanism. It is observed that site-to-site variation of frequencies of modes does not exceed the accuracy limit of proposed analysis method, but energies of these modes vary on the surface of the chest, and as a result of statistical analysis, it appears that energy of some modes are significantly different between two recording sites.
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I. INTRODUCTION
PECTRAL analysis of the heart sound has been used by S researchers for different purposes. Several investigators have reported that by using such a technique, anatomical or physiological malfunctions in heart valve prostheses can be differentiated [ 11- [6] . It is also reported that power spectrum of the heart sound may vary in relation to certain cardiovascular disorders [7] -[ 111.
In all of those studies, different spectral parameters have been used. Gordon et al. used maximum frequency as a diagnostic criterion and they observed that mechanical malfunction of a heart valve prosthesis causes a decrease in this parameter [2] . Kagawa et al. have the frequency of the highest magnitude shown in the sound spectrum. They reported that this parameter is higher in patients with degenerated heart valve prosthesis than that in normal subjects [5] . In a recent study, Durand et al. extracted 18 diagnostic features from the sound spectrum and they used these parameters to distinguish subjects with normal valves from those with degenerated valves [6] .
In most of these studies, investigations have been based on some heuristic features derived from the power spectrum. Variations of these heuristic features have been analyzed between subjects with normal valves and those with degenerated valves. These features are not related to the parameters of a particular model which attempts to explain the heart sound generation mechanism. Therefore, it is difficult to use these features for a better understanding of heart sound generation mechanism. If, however, parameters of a model which has been built by considering the influence of anatomical and physiological factors on heart sound generation were used, then better understanding of heart sound generation and better diagnosis of pathological situations would be achieved. Especially in follow-up studies, model-based approaches can be more sensitively used to follow the development of pathology [ 121.
Several different views about sound generation mechanisms have been adopted by different investigators. Sikarskie er al. proposed a mathematical model for aortic valve vibration and its relation to the second heart sound [13]. But they did not undertake a study to verify this model using PCG signals. Furthermore, this model only considered a valvular origin for heart sound, whereas other investigators emphasize the contribution of the oscillating structures in the chest [7] , [lo], [14]. However, they did not formulate mathematical models to explain their assumptions. As an extension to the emphasis put by these investigators, it was assumed in a recent study that heart sounds are generated as a response of a frequency-selective linear-acoustic system to the rapidly decelerating heart valve occluder [12] . It is considered that this system consists of the entire heart cavity, heart walls, major vessels, and other structures in the chest, all having natural resonance modes. In line with this hypothesis, heart sounds are expressed as a summation of damping sinusoids. Although a detailed correspondence between the parameters of this model and anatomical and physiological factors was not established, it was nevertheless shown that by estimating the parameters using Prony estimation technique [ 151, a good fit 0018-9294/95$01.00 0 1995 IEEE was obtained between the model parameters and actual heart sound signal.
In order to verify a model, it is necessary to test on a quantitative basis the implications of the hypotheses which stem from the specific assumptions about the heart sound generation mechanisms themselves. For example, if the resonant structure assumption is true, then frequencies of these resonance modes will not vary from one recording site to another on the surface of the chest, but the energy content of these modes will be different depending on the distances of the recording sites to the anatomical structures having natural resonance modes. It must be emphasized that such a hypothesis can not be tested using the above-mentioned heuristic features of the power spectrum of the heart sound. For example, frequency of peak amplitude of the power spectrum may change due to a change in the energies of the contributing resonance modes and not due to a change in their frequencies.
The purpose of this study is to investigate the variation of the modal parameters of second heart sounds on the chest surface and to identify whether any variations are due to frequency shifts or energy variations of the individual damped sinusoids on different recording sites. Closure sounds originating from metallic prosthetic valves are particularly suitable for such an investigation since the rapid deceleration of the valve occluder provides excitation, which has a wide frequency spectrum, to the acoustic system, comprising heart, major vessels, and other structures in the chest [ 121. Furthermore, the aortic component in this sound is very high compared to the pulmonary one, hence the interference effect of the latter is considerably less.
In this study, heart sounds are recorded from 10 patients who have a St. Jude-type bileaflet mechanical heart valve prosthesis in aortic position. Heart sounds are recorded at 12 different sites on the surface of the chest. Second heart sounds are selected and analyzed. Estimated parameters for each site are compared. Such a comparison requires a precise method for parameter identification. For this purpose, an algorithm is developed which aims at reliably assigning representative parameters to a given specific recording site, despite noise and some physiological variation. Signal averaging is employed and a model order selection procedure and special filtration technique are proposed. The results of the analyses are discussed.
METHODS

A . Recording
Heart sounds of 10 patients who have St. Jude-type bileaflet mechanical heart valve prostheses implanted in aortic position, are recorded and second heart sounds are selected for analysis. Recordings are made by a Nihon Kohden (model RS5) PCG amplifier with -3 dB cutoff frequencies measured to be at 100 and 1940 Hz, and with 18 dB/octave fall-off outside the pass-band. The PCG transducer is of piezoelectric type (air coupled, Electronics for Medicine Inc., No. 03040502) and has a flat response in the range of frequencies mentioned above. Electrocardiograms are simultaneously recorded to be able to locate the second heart sound which occurs after the T wave.
The outputs of the PCG and ECG amplifiers are recorded by a multichannel FM tape recorder which has a 0-5 kHz flat frequency response. At playback, PCG signals are lowpass filtered (-48 dB/octave) at 500 Hz to prevent frequency aliasing. PCG and ECG are subsequently sampled and digitized by a 12-b A D converter at a rate of 2 kHz and stored on diskettes. An IBM PCIAT personal computer is used to control data acquisition procedures and for off-line analysis. Operator interactive signal monitoring software displays the recorded PCG and ECG for a few cardiac cycles. One of the second heart sounds is selected as a template and the other second heart sounds are detected and aligned using cross-correlation for signal averaging purposes. In each recording site, 2-9-s heart sounds, which have more than 90% correlation with the reference template, are selected and then averaged. Averaged second heart sounds are then analyzed.
B . Parameter Identifrcution
In this study, second heart sounds are modeled as the sum of decaying sinusoids (modes). In this model, if x, represents the heart sound sampled at the nth sampling instant, then x n is expressed as 
Determination of the Model Order: Determination of the number of modes is of critical importance. We have done simulations to study the interrelations between mode number, parameter estimates, and the Signal-to-Noise ratio. A signal with three modes, the parameters of which are given in Table I , is generated and random sequences (zero mean, can be estimated at a K value of three (Table 11 ). However, if the signal is noisy, accurate estimates (< 2% error for frequencies, < 10% error for relative energies of modes) can not be achieved when the model order is less then 10. When Akaike Information Criterion (AIC) [16] , which is a widely used method for order selection in AR models, is used in the AR modeling step of Prony technique to determine the model order, an order of five was indicated for all SNR used. This estimate is, of course, close to the number of poles in the AR model of a signal containing three decaying sinusoids. However, from the perspective of obtaining accurate estimates of parameters, the order determined by AIC was not sufficient.
In Fig. 1 , SERK of artificial closure sounds are shown. In this figure, the orders for which accurate estimates can be achieved are marked by "R." For these orders, estimation errors are between 0.1% and 2% for frequencies and 0% and 10% for.relative energies. It can be seen from Fig. 1 that, as the model order is increased, SERK increases. For a low noise case (SNR = 21 dB), the SERK curve shows a sharp comer and reaches a plateau. This comer occurs at K = 10 and accurate frequency and energy estimation (< 2% error for frequencies, < 10% error for relative energies of modes) can be achieved for this and higher orders. For the signal for which SNR is 19 dB, the comer in the SERK curve becomes smoother and accurate estimates can be achieved for K's of 15 and 20. In other cases for which SNR's are less than 19, Table I . The orders at which accurate estimates can be achieved are marked by " . " symbols. Accurate estimates can not be achieved at the orders marked by "0" symbols.
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such a comer can not be observed. For the cases for which SNR's are between 19 and 6 dB, accurate estimates can only be achieved at K of 15. In the last case (SNR = 6 dB), no acceptable estimates can be found. These observations imply that, when the noise level of the signal is sufficiently low, the SERK curve shows a sharp comer. For the K value at which this comer occurs, accurate estimates can be achieved. If the noise level of the signals is relatively high, a comer in the SERK curve can not be identified and, in these cases, using a high value of K does not necessarily yield correct parameter estimates. Indeed, if the model order is increased, SERK increases, but the estimates become erroneous. Therefore, in the analysis of actual heart sounds, reduction of the noise level is of critical importance. For this purpose, signal averaging is found helpful.
For averaged heart sounds, the mode number is determined as follows: Signals are analyzed for increasing model orders, starting at K = 6. In each successive step, K is increased by two. As K is increased, SERK increases and reaches a plateau.
This curve may show a sharp comer depending on the level of noise. K for this comer is accepted as the model order. If such a comer can not be identified, the analysis is deemed invalid.
2 ) Filtration of Lower Frequency Modes: The principal aim of this study is to understand how the energies and frequencies of modes comprising a heart sound vary on the surface of the chest. The modeling and estimation techniques employed to this end must incorporate all precautions against the factors which reduce the precision of results. Apart from the effects of noise which are discussed in the previous section, signal components which can not be recorded with high fidelity are a serious concem.
Heart sound analyses used for clinical purposes are usually made in 100-200 Hz (for mid-frequencies) or 200-500 Hz still lies below 100 Hz (Fig. 2 ). These components, on the other hand, do not lend themselves to a precise modal analysis because they are critically effected by the filter. In particular, minor variations in the modal frequency result in significant changes in modal energy if this signal component lies in the rising edge of the high-pass filter. Therefore, it is not appropriate to include these modes in our comparative study. Furthermore, the presence of these modes causes inaccuracies in the estimation of parameters of the components which are in the pass-band. Simulation studies were undertaken to demonstrate these effects. For simulation purposes, an artificial closure sound is generated using (1) with K = 7 and the parameters shown in Table 111 which correspond to signals depicted in Fig. 2(a) . e, is selected as a zero-mean Gaussian sequence such that the SNR for this artificial signal is 22.5 dB.
The artificial signal is shown in Fig. 3 . The Prony method is first applied to this signal without any prior filtering. The mode numbers are taken as 10, 12, 14, 16, 20, 22, and 24. Table 111 .
Artificial closure sound which is generated using the parameters DIT'S of artificial closure sound, before (dashed line) and after (solid The frequencies and energy of high-frequency modes can not be accurately estimated (error < 2% in frequency and < 10% in energy) in any of these cases. In fact, obtained errors are not even below 5% for frequencies and 25% for energies.
In this study, a special "modal high-pass filtering technique" is proposed in order to reduce the effect of low-frequency modes. The parameters of these modes to be minimized are estimated first in this technique. To do this correctly, the frequency band of the signal must be as small as possible for accurate estimation. On the other hand, it must be large enough to cover most of the energy contained in significant low frequency modes. We chose this frequency as 140 Hz based on our observations regarding the range of the damping constants of low-frequency modes.
This technique is implemented on the simulated signal. The DFT of the artificial closure sound is obtained (dashed line in Fig. 4) , components of the complex DFT above 140 Hz are zeroed, and an inverse DFT is obtained. When the Prony method is applied to this signal, an SER of 40 dB is obtained. A signal is then reconstructed using the estimated modes with center frequencies below 90 Hz and this signal is subtracted from the original artificial signal. The DFT of this signal is given in Fig. 4 (solid line) . We refer to this new artificial signal as the modal high-pass filtered signal. In Fig. 5 , this filtration technique is shown in a block diagram. When the Prony method is applied to the modal high-pass filtered signal, the frequencies and energies of the modes above 90 Hz are found with an accuracy of < 2% for frequencies and < 16% for energies (Table IV ). An SER of 14 dB is obtained in this case. The error levels obtained in this highly idealized simulation are difficult to attain in the study of actual signals. First of all, such a high SERK (40 dB) is not always possible in the estimation of low-frequency components. Furthermore, model order determination is still prone to errors, hence additional variation in parameter estimates is expected. When the noise level is increased so that the SNR is decreased to 21 dB from 22.5 dB, it is observed that the three high-frequency modes can still be estimated with errors less than 4.2% in frequency and 26% in energy, while a reliable order determination can still be done at 12.4 dB SERK. If the SNR is further decreased to 20 dB, the maximum error in frequency and energy becomes 5.2% and 28%, respectively, but choosing the correct order according to the above procedure is not possible. Obviously, these figures are dependent on the number of modes included, on the relative energy of each mode, and on the noise level. For comparison purposes, 5% estimation error for frequencies and 25% error for energies are taken as the limitations of the whole identification procedure.
The modal high-pass filtering technique can be summarized as follows:
1) The DFT of the heart sound is calculated.
2) The D m is zeroed above 140 Hz.
3) The inverse DFT is applied.
4) The Prony method is used to estimate the parameters of this low-pass filtered signal. 
)
A signal is reconstructed using the parameters of modes with less than 90 Hz center frequency. 6) This constructed signal is subtracted from the original signal to obtain the modal high-pass filtered signal.
RESULTS
A. Data
Recordings are examined from 10 patients who have a St. Jude-type bileaflet mechanical heart valve prosthesis in aortic position. Ages of the patients are between 18 and 40. Patients 3 and 9 are female and the others are male. Diameters of the prostheses are 21-27 mm. Recordings are made two or six months following the implantation of the prosthesis.
B . Site-to-Site Variation of the Second Heart Sounds
To observe the site-to-site parameter variation of the second heart sounds, 12 recording sites are selected on the surface of the chest. These recording sites are illustrated in Fig. 6 . The anatomical definitions of these points are as follows:
A: Intersection point of second intercostal space with right stemal border.
P1: Intersection point of second intercostal space with left stemal border.
P2: In the second intercostal space, mid point between P1 and intersection point of second intercostal space with left medio-clavicular line.
MZ1: Intersection point of third intercostal space with left stemal border.
MZ2: In the third intercostal space, mid point between MZ1 and MZ3. A, P1, MZ1, and MT3 are the classical auscultation sites which are called aortic, pulmonary, mesocardiac, and mitral auscultation sites, respectively.
In Fig. 7 , second heart sounds recorded at 12 different sites for the third patient are given. These signals are high-pass filtered signals using the modal filtration technique described in Section 11-B2). It can be seen that the temporal variation of these signals is different from site-to-site.
These sounds are then analyzed as explained above. For each recording site, model parameters are estimated. For 10 patients, parameters of modes with significant energies (more than 10% normalized energy) are given in Table V . It is possible to classify the modes, with respect to the frequencies, into different groups. For this purpose, the Average Linkage Method is used [IS]. This method uses the Euclidean distance between data (or data groups). In each step, the distances of all possible pairs of data (or data groups) are calculated. The pair of data (or data groups) with the smallest distance constitutes a new group and the number of groups is decreased by one. The algorithm stops when the number of groups is decreased to the number initially given. Using this method in each patient, 4-5 groups are identified with different means. Then, means and coefficient of variations (ratio of the standard deviation to the group mean) of each group for all patients are computed (Table VI) . In this table, the coefficient of variations do not exceed 5% in any of the mode groups.
It can be observed in Table V 
-----____-_ --------_-__ _____ _--___ __-_-_ __-___ ___-_ ----------_-------
f r e damp phase energy f r e danp phase energy f r e damp phase energy -
f r e danp phase energy f r e danp phase energy f r e danp phase energy 
f r e danp phase energy f r e danp phase energy f r e danp phase energy -__-___ -------
M24 U25
f r e damp phase energy f r e danp phase energy 
f r e danp phase energy f r e damp phase energy f r e danp phase energy 
f r e danp phase energy f r e damp phase energy f r e damp phase energy . .lo6 (3) ... .132 (5) ... .170 (4). .. -203 (4) ... -250.. ..   PAT4 .... .111(4) .... 145(5) .... 179(4) .... 207(0) .. ..233(5).  PAT5. ... .lo9 (4 ) ... .13 3 (3) ... .165 (4) ... .202 (2) ... .2 67 (5) . PAT6 .... .. 99(4) .... 139(3) .............. 198(4) ...........  PAT8 ..... 106(3) .... 140(4) .... 184(3) .... 211(5) ...........  PAT10.. . .103(3). .. .137(3). .. .178(3). .. .219(2). ..........   PAT3.. ............ .132(5). .. .177 (3). .. .224 (4). .. .301.. ..   PAT7 ...... 94(4) .... 147(5) .... 185(4) .... 210 ....... 240(3).   PAT9.. .. .109(4). . ..139.. .... .178(4). ... 220(1). .. .240(4) .
purpose, a value of 20 is assigned to the above-mentioned energy ratios. It should be emphasized that statistical analyses results do not change when this value is chosen between 10-100.
In Table VII , means and standard deviations of energy ratios are given for 12 different recording sites. It can be observed from this table that means of energy ratios vary from site-tosite. To observe if the variation of energy ratios on the surface of the chest is statistically significant, we first used the one-way analysis of variance test. As a result of this test, no significant difference is observed (Table VIII) . The analysis of variance test gives information about the variation of overall data and a significant difference between several pairs of groups may be suppressed. According to the resonant structure hypothesis, energies of modes will vary depending on the distance of recording sites to the related anatomical structures. However, it does not imply that energy ratios will be different in each recording site. In fact, according to this hypothesis, energy ratios may be the same at adjacent recording sites which are close to the same part of the heart. As a result of the analysis of variance test, similarity of energy ratios at adjacent recording sites may suppress the significant difference between several recording sites. Therefore, energy ratios are also analyzed by using a t-test to observe if there are significantly different pairs of recording sites. The significance level for t-tests is chosen as p < 0.01. As a result, E2/E1 and E4/E1 are found to be significantly higher at MZ2 with respect to MT2 ( p < 0.01). When the significance level for the t-test is accepted as p < 0.05, additional significantly different pairs of recording sites are observed. In Table IX , these recording sites are given. It can be observed from this table that the energy ratios E2/E1 and E4/E1 are found to be significantly higher for MZ2 with respect to several other recording sites.
IV. CONCLUSION
Heart sound signal as recorded on the surface of the chest is related to its generation mechanism in a very complex manner. The work presented in this paper describes a methodology for identifying a model which emerges from the hypothesis that a closure sound of a mechanical prosthesis is the output a linear system of acoustic resonating structures excited by a short pulse generated during rapid deceleration of valve occluder [12]. This acoustic system, made up of the heart, physical dimensions of the internal structures can be helpful in associating a particular mode to a particular structural element. For example, patients with left ventricular dilatation or other cases where the volumes of different partitions in the heart or vessels are known to be altered should have shifted mode frequencies compared to normals. The study of such patients will help establish the relation between modal parameters and the structures. His main research areas are biomedical signal processing, modeling and analysis of phonocardiogram, and electrophysiology of ventricular fibrillation and cardio-pulmonary resuscitation.
